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[0002] 



The invention relates to a digital telecommunication system wherein termi- 



nals and a telecommunication network comprise speech codecs, the speech codecs of 
the telecommunication network being located in a transcoder unit, from which a centre 
in the telecommunication network connects a transcoder to a speech connection, when 
required. 

[0003] 2. Description of Related Art 

[0004] In present digital mobile communication systems, speech and data are 
transferred entirely in digital form, resulting in a uniformly good quality of speech. As far 
as the mobile communication network is concerned, the most limited resource on a 
transmission path is the radio path between mobile stations and base stations. To 
make the bandwidth required by one radio connection on the radio path as narrow as 
possible, speech encoding is employed in speech transmission to allow significantly 
lower transmission rates than in a fixed telephone network (PSTN, Public Switched 
Telephone Network), for example. In this case a speech encoder and decoder have to 
exits both in the mobile station and on the side of the fixed mobile communication net- 
work. On the network side, speech encoding functions may be placed alternatively ei- 
ther in a base station or a mobile switching centre. Speech encoders and decoders are 
typically located far away from the base station, in what is known as remote transcoder 
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units, speech encoding parameters being transferred in the network between a base 
station and the transcoder unit. Thus a transcoder unit is a part of the logical transmis- 
sion path in a fixed mobile communication network from a base station to a mobile 
switching centre. 

[0005] In mobile terminated (MT) or mobile originated (MO) speech calls, a 
transcoder is connected to the speech connection on the network side for encoding 
(downlink) speech signals destined to a mobile station and decoding (uplink) speech 
signals originating from a mobile station. This is necessary if one of the parties to a call 
is a mobile station and the other a subscriber in a public telephone network (PSTN), for 
example. 

[0006] In the case of mobile-to-mobile calls (MMC), the above described connec- 
tion of a transcoder to a call results in the mobile switching centre connecting two 
transcoder units in series to each MMC call, two speech encodings and decodings be- 
ing performed on the call in the above described manner. This so-called tandem coding 
is a problem in mobile communication networks, since it weakens speech quality owing 
to the extra speech encoding and decoding. Consequently, methods for preventing 
tandem coding have been developed in present digital mobile communication systems, 
for example the GSM system (Global System for Mobile communication). Methods of 
creating a tandem free function are based on signalling in a mobile communication 
network, the signalling comprising forwarding an indication to the transcoders upon set- 
up of an MMC call to the effect that they are to operate in a tandem coding prevention 
mode, whereby the transcoder does not at all encode or decode speech. Said signal- 
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ling is transferred on a speech channel with speech parameters and other control in- 
formation, i.e. as inband-signalling. In the tandem coding prevention mode, speech is 
encoded only in mobile stations and speech parameters are only transferred through 
the mobile communication network with slight changes from one base station via two 
tandem-connected transcoders to a second base station. This considerably improves 
the quality of speech as compared with a tandem coded MMC call. 
[0007] In mobile communication networks, circuit-switched technology based on 
pulse code modulation (PCM) has been conventionally used in inter-MSC data trans- 
mission, i.e. PSTN or ISDN-based (Integrated Services Digital Network) network solu- 
tions. In this case, when a transcoder is in a tandem coding prevention mode, it com- 
bines control, synchronization and error correction information, for example, with 
speech parameters arriving from a mobile station via a base station, and adapts the 
data to PCM timeslots without transcoding. In mobile stations, encoded speech is 
adapted to a PCM channel such that one or more least significant bits of PCM samples 
constitutes a subchannel into which lower-rate speech encoded by the mobile station is 
multiplexed. These PCM samples and their subchannels are transferred to the receiv- 
ing transcoder which sends the speech parameters further to the receiving base station 
either as such or making slight changes indicated by the control information. Inter-MSC 
data transmission on a PCM channel is described in greater detail in the Applicant's 
previous Finnish patent application 960,590. 

[0008] The above manner of arranging tandem coding prevention is a well work- 
ing method in mobile communication systems in which transcoders are part of the 
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transmission path of the mobile communication network, and in which PCM technology 
is used in inter-MSC data transmission. However, in future third generation mobile 
communication systems, the intention is not to place transcoders as part of the trans- 
mission path, but they are to be placed in what is known as a transcoder pool, in asso- 
ciation with a mobile switching centre, for example. In this case the mobile switching 
centre connects a transcoder to a call only if it is necessary, whereby the above man- 
ner of signalling a tandem coding prevention mode and adaptation of control informa- 
tion to speech parameters is not an advantageous way to implement a tandem free 
function. In third generation mobile communication systems, various alternative tech- 
nologies are available for inter-MSC data transmission, including packet-switched con- 
nections not based on pulse code modulation. In this case it is not necessary to trans- 
mit inter-MSC signalling as part of a speech channel, which allows a simpler implemen- 
tation of the tandem free function. 

[0009] SUMMARY OF THE INVENTION 
[0010] It is an object of the present invention to prevent tandem coding in calls 
between mobile stations by the use of simplified signalling better adaptable to new sys- 
tems, in which the speech codec to be used is agreed upon between mobile switching 
centres. 

[0011] The digital telecommunication system of the invention is characterized in 
that the centre of the calling terminal is arranged to perform handshaking with the cen- 
tre of the called terminal concerning the speech codec used by the terminals, and the 
centres are arranged to establish call connections past the transcoder unit or to control 
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the transcoder units to let the encoded speech through without speech encoding opera- 
tions so that speech is encoded and decoded only in the terminals. 
[0012] It is an essential idea of the invention that in a call between two mobile sta- 
tions, the mobile switching centres of the calling and called mobile stations use mutual 
signalling to agree upon the speech codec to be used on a call connection. It is the 
idea of a preferred embodiment of the invention that, depending on the connection be- 
tween the mobile switching centres, no transcoder is connected to the call connection. 
It is the idea of another preferred embodiment of the invention that said signalling is 
what is known as outband signalling. 

[0013] It is an advantage of the invention that the signalling of the invention sim- 
plifies implementation of the tandem free function, as transcoders are no longer auto- 
matically part of the transmission path. The signalling of the invention provides a com- 
mon starting point for inter-MSC transmission of a call between two mobile stations ir- 
respective of what kind of a connection is in use between the mobile switching centres. 
It is a further advantage of a preferred embodiment of the invention that, since, depend- 
ing on the connection between the mobile switching centres, no transcoder is con- 
nected to the call connection, speech parameters do not have to be adapted to PCM 
frames as is the case in present transcoders. Neither do the transcoders necessarily 
have to support a speech codec to be used in calls between two mobile stations, and 
consequently mobile station-specific speech codecs can be rapidly taken into use in 
new systems. Still another advantage of the invention is that present network elements 
and signalling architecture in a mobile communication network can be used. New sig- 
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nailing messages, for example, do not have to be created for implementing the inven- 
tion, but the invention can be implemented by modifying the contents of existing mes- 
sages. 

[001 4] BRIEF DESCRIPTION OF THE DRAWINGS 
[0015] In the following the invention will be described in greater detail with refer- 
ence to the accompanying drawings, in which 

[0016] Figure 1 is a simplified block diagram of an architectural model of a third 
generation mobile communication system, 

[0017] Figure 2 shows a transport cell according to a packet-switched trans- 
mission method which can be utilized in a preferred embodiment of the invention, 
[0018] Figure 3 shows an adaptation protocol function of a packet-switched 
transmission method which can be utilized in a preferred embodiment of the invention, 
[0019] Figure 4 shows protocol layers of a packet-switched transmission method 
which can be utilized in a second preferred embodiment of the invention, and 
[0020] Figure 5 shows call set-up signalling according to some preferred embodi- 
ments of the invention. 

[0021] DETAILED DESCRIPTION OF INVENTION EMBODIMENTS 
[0022] In this context, the term speech codec, or simply codec, refers to a func- 
tional entity which serves to encode or decode speech into a form required by a mobile 
communication system. 

[0023] Figure 1 is a simplified block diagram of an architectural model of a third 
generation mobile communication system. The design of core network solutions in third 
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generation mobile communication systems is based on the present European digital 
mobile communication system GSM. This allows the use of present core network solu- 
tions also in the future almost as such, and only changes required by new functions 
and services will be made. This provides considerable savings, since the expensive 
core networks do not have to be completely rebuilt. This is why reference is made in 
the examples of the present description, when applicable, to the present GSM system, 
since, for the most part, the principals of the signalling inside the core network will re- 
main the same. 

[0024] In Figure 1 , a mobile station (MS) communicates with a wideband mobile 
services switching centre (WMSC) via a radio access network (RAN). The radio net- 
work RAN comprises a base station system (not shown) comprising base transceiver 
stations (BTS) and radio network controllers (RNC), and signalling between them, but 
as far as the invention is concerned, the radio network may also be structurally differ- 
ent. Wideband CDMA technology, i.e. WCDMA technology, is used at the radio inter- 
face between the mobile station MS and the radio network RAN. However, the radio 
technology used is not relevant to the invention, and consequently the invention can 
also be used in systems applying other technologies. The radio network RAN commu- 
nicates with the mobile switching centre WMSC over a radio interface lu, for whose 
standards the ETSI (European Telecommunications Standards Institute) is currently 
drawing up recommendations. The mobile switching centres WMSC also have visitor 
location registers (VLR) and transcoder units (TCU). The mobile switching centres 
WMSC signal to a home location register (HLR) information on the user of the mobile 
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station, i.e. the subscriber, concerning access rights, functions and charging, for exam- 
ple. MAP (Mobile Application Part) is the abbreviation generally used for referring to 
this signalling and it is described in greater detail in GSM recommendation 09.02 Mo- 
bile Application Part (MAP). Said subscriber data is also stored in the visitor location 
register VLR when a mobile station MS visits the area of the corresponding mobile 
switching centre WMSC. 

[0025] In a preferred embodiment of the present invention, mobile switching cen- 
tres agree by mutual handshaking signalling upon the speech codec to be used in an 
MMC call between two mobile stations, MS1 and MS2, whereupon, depending on the 
connection between the mobile switching centres, the call is either connected past the 
transcoder unit or the transcoder unit is controlled to let the call pass through without 
speech encoding functions on the mobile communication network side in such a man- 
ner that speech is encoded and decoded only in the mobile stations MS1 and MS2. 
According to the invention, this is achieved by indicating the speech codecs supported 
by the mobile station MS1 of subscriber A to the mobile switching centre WMSC(A) of 
subscriber A. The mobile switching centre WMSC(A) stores this information in the visi- 
tor location register VLR(A), attaches said information as part of a routing information 
inquiry to be sent to the home location register HLR, and the home location register 
HLR relays the information further to the mobile switching centre WMSC(B) of sub- 
scriber B. Subscribers A and B may also be attached to the same mobile switching cen- 
tre, in which case the routing information inquiry does not have to be sent via the home 
location register HLR, but it can be made via the visitor location register VLR in asso- 
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ciation with the mobile switching centre WMSC. The speech codecs supported by the 
mobile station MS2 of subscriber B are also indicated to the mobile switching centre 
WMSC(B) of subscriber B, and the mobile switching centre WMSC(B) stores this infor- 
mation in the visitor location register VLR(B). The mobile switching centre WMSC(B) of 
subscriber B selects a codec suitable for both mobile stations, MS1 and MS2, informs 
the mobile switching centre WMSC(A) of subscriber A, and stores the information on 
the codec to be used in its database VLR(B). 

[0026] In a preferred embodiment of the present invention, an MMC call between 
two mobile stations MS1 and MS2 can be so switched that no transcoder at all is con- 
nected to the connection. This is carried out as follows: after the above described sig- 
nalling, the mobile switching centres having agreed upon the speech codec to be used 
on the call connection, the mobile switching centre WMSC(A) checks the transmission 
technology the connection uses between the mobile switching centres WMSC(A) and 
WMSC(B). If pulse code modulation is not used on said connection, i.e. the connection 
is packet-switched, for example, then, in response to this, the mobile switching centre 
WMSC(A) connects no transcoder to the connection. Alternatively, the connection be- 
tween the mobile switching centres WMSC(A) and WMSC(B) may be a PCM-switched 
PSTN or ISDN connection. In this case the mobile switching centre WMSC(A) controls 
the transcoder unit TCU(A), in a manner known per se, to switch the call connection via 
the transcoder without speech encoding functions in such a way that speech is en- 
coded and decoded only in the mobile stations MS1 and MS2. 
[0027] Third generation mobile stations use various speech 1 codecs, and in MMC 
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calls, to which no transcoder is connected in the above manner, it is essential that mo- 
bile stations use the same kind of speech codec. According to a preferred embodiment 
of the invention, the speech codec to be used is indicated, when required, to both mo- 
bile stations before the call is switched. A default codec to be used by the mobile sta- 
tions MS1 and MS2, unless otherwise notified, is preferably defined. Similarly, the visi- 
tor location registers VLR(A) and VLR(B) comprise information on the default speech 
codecs. Should the above handshaking signalling result in the use of another speech 
codec on the call connection than is the default set for the mobile stations MS1 or MS2, 
information on this is forwarded to the mobile switching centres WMSC(A) and 
WMSC(B). Finally, when the call is set up, the mobile switching centres WMSC(A) and 
WMSC(B) inform the mobile stations MS1 and MS2, respectively, which codec to use, 
should it not be the default codec. 

[0028] In accordance with a second preferred embodiment of the invention, hand- 
shaking signalling concerning the speech codec to be used is carried out as part of 
physical call set-up. In this case the speech codec to be used is notified to the mobile 
switching centre WMSC(A) in a reply message to a call set-up message, whereupon 
the mobile switching centres WMSC(A) and WMSC(B) inform, when required, the mo- 
bile stations MS1 and MS2 about the codec to be used, and control the transcoder 
units TCU(A) and TCU(B) in a manner required by the transmission connection, as was 
described above. 

[0029] In third generation mobile communication networks, inter-WMSC traffic is 
designed to be carried out by packet-switched connections, when possible. In other 
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words, it can be preferably carried out by means of wideband ATM network technique 
(Asynchronous Transfer Mode), for example. ATM is a general-purpose transfer mode 
which combines the advantages of circuit-switched and packet-switched data transmis- 
sion. ATM is based on cell-switched data transmission, the data to be transmitted being 
split into bits having a given length, i.e. cells. Telecommunication applications which 
require constant capacity or delay and which have conventionally used a circuit-switch 
connection, are prioritized in filling the cells. Applications not requiring constant capac- 
ity or delay, transmit their data in the remaining cells in the same way as on a packet- 
switched connection. 

[0030] An ATM cell comprises 53 bytes, of which 48 bytes are payload and 5 
bytes are reserved for header data. Figure 2 shows an ATM cell and its header fields. A 
GFC field (Generic Flow Control) is used in connection flow control. A virtual path iden- 
tifier (VPI) indicates to the ATM network switches the route of the cell in the network, 
cells having the same VPI value being always transmitted to the same address. A vir- 
tual channel identifier (VCI) operates like the VPI, and both VPI and VCI values are 
used in defining a logical channel, allowing the simultaneous connection of whole 
channel groups to the backbone network. Hereby the VPI between two functional points 
can be agreed upon among service providers, and yet the service user is able to define 
the VCI values. The type of payload is defined in a PT field (Payload Type). A CLP field 
(Cell Loss Priority) allows traffic to be divided into two classes, resulting in the cells 
whose CLP bit = 1 being destroyed first when the network gets congested. An HEC 
field (Header Error Correction) is used to ascertain the correctness of header bits. 
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[0031] ATM technique can be utilized in various applications, and therefore the 
need has arisen to define adaptation protocols (AAL, ATM Adaptation Layer) for differ- 
ent application types. Figure 3 shows an AAL function in which a data packet originat- 
ing from a mobile switching centre, for example, is split in the ATM adaptation function 
into 48-byte cells, which are further applied to ATM circuits, which attach a five-byte 
header to the cells. In the physical access layer these cells are further set into an SDH 
form (Synchronous Digital Hierarchy), which specifies in optical fibre-based transmis- 
sion systems how data streams at different rates are transmitted in the backbone net- 
work. The ATM backbone network is composed of ATM switches, which are linked to- 
gether by high-rate connections, usually optical fibres, and to which local networks, 
mobile switching centres, telephone exchanges or video devices, for example, can be 
further connected. In present ATM networks, the transfer rate may vary, depending on 
the connection, between 64 kbps and 622 Mbps, but in the future several Gbps will be 
reached. As to a more precise description of the ATM technique, reference is made to 
'Asynchronous Transfer Mode: Atm Architecture and Implementation', J. Martin, K. 
Chapman, J. Leben; Prentice Hall, USA; ISBN: 0135679184. 

[0032] During the last few years, the use of the Internet has grown exponentially 
and become more versatile, new services and options being continuously developed. 
The TCP/IP protocol (Transmission Control Protocol/Internet Protocol) acts as the data 
transmission protocol in the Internet, the special advantage being its independence of 
different device or software architectures, which makes it the most generally used net- 
work protocol in the world, especially in local networks. In Internet-based networks, the 
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IP protocol is the actual network protocol which serves to route an addressed IP mes- 
sage from a source station to a destination station. A transport protocol, either TCP or 
UDP (User Datagram Protocol), is run above the IP network protocol. The transport 
protocol attends to the transfer of data packets from a source port to a destination port. 
The TCP offers reliable connections to applications, i.e. the TCP splits the data from 
the applications into IP packets, sees to it that the data arrives intact and in the right 
order, resends lost or damaged data packets and also attends to flow control. The 
UDP, in turn, is a lighter transport protocol than the TCP and does not answer for the 
arrival or correctness of data packets. This makes the UDP an unreliable transport pro- 
tocol, which leaves error and correctness checks to the application program, but is bet- 
ter suited to services requiring real-time performance. 

[0033] The generality of Internet-based networks and the inexpensive, in local 
networks even free data transmission, they offer, have aroused great interest in switch- 
ing also voice calls via IP networks. This would also allow inter-MSC data to be trans- 
mitted by means of IP networks. The device and system solutions thus far developed 
for transmitting conventionally circuit-switched voice calls in a packet-switched IP net- 
work are rather unreliable and incompatible. To make Internet call systems compatible, 
a standard (VoIP, Voice over IP) is being created, for example for determining the com- 
patibility of devices, quality of service, and routing calls in IP networks. 
[0034] Figure 4 shows a VoIP standard recommendation for the protocol stack in 
Internet call systems. Either the TCP or the UDP is run above the IP network protocol, 
depending on the application. At the next layer, an H.323 protocol stack is placed; a 
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standard defined by the ITU (International Telecommunication Union) for packing voice 
and video image used in video conference programs and for controlling calls. The 
H.323 is used for call set-up and adaptation negotiations, and for reserving a connec- 
tion required by real-time speech in an IP network. Call control and functions and ser- 
vices associated therewith, such as choice of transfer protocol, optional speech encod- 
ing, voice activity detection (VAD) and DTMF functions, are carried out in a CMAS unit 
(Call Management Agent System) comprising CMA framing and agents for each func- 
tion (Basic Agents). The CMAS utilizes the LDAP (Lightweight Directory Access Proto- 
col) for dealing with the name service in telecommunications between different types of 
networks and file servers without the transport protocol having to deal with it. An exter- 
nal telephone network, for example a mobile telephone network, can be linked to the 
VoIP system by means of an H.323 gateway server (not shown). In fact, a mobile tele- 
phone operator is able to best utilize the VoIP system in his own local or wide area 
network (LAN/WAN), allowing the operator to manage traffic both in the network and in 
the H.323 gateway servers. 

[0035] Data transmission protocols based on the ATM and IP technologies are 
presented herein by way of example as data transmission technologies advantageous 
to the implementation of the invention. They use packet-switched data transmission, i.e. 
data frames are not adapted to PCM timeslots. This provides the advantage that, as no 
adaptation to PCM frames is required, a call can be set up completely without 
transcoders. Inter-MSC handshaking signalling can also be carried out as outband sig- 
nalling, allowing the handshaking signalling to be carried out separately from call set- 
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up, for example directly in inter-MSC connection set-up. It is obvious that the mobile 
communication system of the invention can be implemented by the use of any corre- 
sponding packet-switched data transmission technology, e.g. by means of xDSL tech- 
nology (Digital Subscriber Line). 

[0036] In the following, a preferred embodiment of the invention will be described 
with reference to Figure 5. Figure 5 only shows the relaying of messages relevant to 
the implementation of the invention in a mobile communication system. Consequently, 
between the messages described, messages may be relayed that are not essential to 
the implementation of the invention. The speech codecs supported by the mobile sta- 
tion MS1 of subscriber A are indicated to the mobile switching centre WMSC(A). This 
may preferably take place during call set-up signalling as the mobile station MS1 re- 
quests connection set-up of the mobile communication network, whereby the mobile 
switching centre WMSC(A) can store the data on the speech codecs supported by the 
mobile station MS1 in the visitor location register VLR(A). For data transmission a 
classmark identifier can also be used, which is known for example from the GSM sys- 
tem and comprises data on the properties of a mobile station and which the mobile sta- 
tion sends to the network when requested or when the mobile station wants to change 
classmark classes. Similarly, the speech codecs supported by the mobile station MS2 
of subscriber B are indicated to the mobile switching centre WMSC(B). Relaying call 
set-up signalling and classmark identifiers is described in greater detail in GSM rec- 
ommendation 04.08 Mobile radio interface layer 3 specification. 
[0037] When subscriber A initiates call set-up, the mobile station MS1 sends via 
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the radio network RAN to the mobile switching centre WMSC(A) a call setup message, 
on the basis of which the mobile switching centre WMSC(A) identifies the called sub- 
scriber B as a mobile station. Subscriber B is identified on the basis of a numerical 
analysis, the identification being known per se from optimal call routing (OR), for exam- 
ple. In accordance with Figure 5, the mobile switching centre WMSC(A) receives a 
CM_SER_REQ message (Connection Management_Service_Request), for example, as 
a sign of initiation of call set-up. In order for the call to be able to be routed to sub- 
scriber B via the right mobile switching centre WMSC(B), the mobile switching centre 
WMSC(A) sends to the home location register HLR a routing information inquiry 
MAP_SRI (MAP_Send_Routing_lnformation), to which is attached information on the 
speech codecs supported by the mobile station MS1, preferably in the preference order 
of the mobile station MS1 . The preference order s erves to always use the de fault 
speech codecs of mobile stations, as far as is possible. The home location register 
HLR attaches this information further as part of a roaming number inquiry sent to the 
visitor location register VLR(B) of the mobile switching centre WMSC(B), MAP_PRN 
(MAP_ProvideJRoaming_Number). The mobile switching centre WMSC(B) selects from 

f " ■ " . ■ — ' 

the speech codecs informed the one that is suitable for the mobile station MS2, making 



the selection preferably in the preference order given by the mobile station MS1. Infor- 
mation on the speech codec selected is stored in the visitor location register VLR(B) 
and attached to a roaming number reply MAP_PRN_ack sent to the home location reg- 
ister HLR. The home location register HLR further attaches the information to a reply 
message to the routing information inquiry, MAP_SRI_ack, which is sent to the mobile 
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switching centre WMSC(A) which stores the information in the visitor location register 
VLR(A). 

[0038] As call set-up progresses, the mobile switching centre WMSC(B) sends to 
the visitor location register VLR(B) an inquiry of necessary authentication and encryp- 
tion information. The corresponding inquiry for subscriber A is already made at the ini- 
tial stage of call set-up in a message MAP_PAR(MAP_Process_Access__Request). To 
initiate actual call switching, both visitor location registers VLR(A) and VLR(B) issue to 
the mobile switching centres WMSC(A) and WMSC(B), respectively, a command 
MAP_COMPLETE_CALL, to which information on the speech codec selected for that 
call connection is attached. If the speech codec selected for the call connection is not 



the default speech codec of mobile stations MS1 or MS2, the mobile switching centres 
transmit information on the selected speech codec furthertothe mobil e statio ns. Then, 
in the MO section of the call, the WMSC(A) indicates the information to the MS1 in a 
message CALL_PROC and, similarly, in the MT section of the call, the WMSC(B) indi- 
cates the information to the MS2 in a SETUP message. In response to this, both mobile 
stations MS1 and MS2 connect the same speech codec to the call. 
[0039] Now, if packet-switched ATM technology, for example, is used on the con- 
nection between the mobile switching centres WMSC(A) and WMSC(B) instead of data 
transmission based on circuit-switched PCM technology, no transcoder at all is con- 
nected to the connection, but the speech frames encoded by the mobile s tation MS1 by 
means of the above AAL function of the ATM, suitable for the mobile switching centre, 
are placed in ATM cells. Similarly, when the VoIP technology is used, speech frames 
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are placed by means of the H.323 gateway server into H.323 frames complying with the 
VoIP standard. In this case, as far as the fixed mobile communication network is con- 
cerned, speech frames are transmitted in the exact speech frame form encoded by the 
mobile station. If again the inter-MSC connection utilizes the PSTN or ISDN technol- 
ogy, the mobile switching centres connect transcoders to the connection and control 
these to adapt the speech frames encoded by the mobile station to the PCM form re- 
quired by the PSTN and ISDN technologies, however, without transcoding. In this case 
the adaptation function carried out by the transcoders corresponds to the tandem free 
function of the known GSM technology. 

[0040] A second preferred embodiment of the invention can be implemented in a 
mobile communication system allowing direct signalling on an inter-MSC connection. 
One such signalling model is what is known as ISUP signalling (ISDN User Part), us- 
able in inter-MSC signalling. ISUP signalling is described in greater detail in the ITU 
standard recommendations Q.721-Q.764. In accordance with Figure 5, in inter-MSC 
signalling three ISUP messages are used: IAM (Initial Address Message), ACM (Ad- 
dress Complete Message) and ANM (Answer Message). In accordance with the inven- 
tion, the speech codecs supported by subscriber A are then notified to the mobile 
switching centre WMSC(B) of subscriber B in an IAM message, allowing non-defined 
spare values of the IAM message to be advantageously utilized. The mobile switching 
centre WMSC(B) of subscriber B sends an ACM message to the mobile switching cen- 
tre WMSC(A) after a SETUP message sent to the mobile station MS2. The mobile 
switching centre WMSC(B) and the mobile station MS2 set up the connection by mes- 




WOOD/24210 



PCT/FI99/00868 



19 



sages CONN (Connect) and CONN_ack. The mobile switching centre WMSC(B) se- 
lects the speech codec in the same way as was described above and attaches informa- 
tion on the speech codec selected as part of an ANM message sent to the mobile 
switching centre WMSC(A). 

[0041] In the present embodiment of the invention, information on the speech co- 
dec selected is not transferred to the mobile switching centre WMSC(A) of subscriber A 
until the physical transmission path has been set up. Consequently, in an MMC call 
between two mobile stations MS1 and MS2, the transcoder units in the mobile switch- 
ing centres are not controlled to switch the call past the transcoder unit or to control the 
transcoder unit to let the call through without speech encoding operations until after 
connection set-up. In other respects than the handshaking signalling of the speech co- 
decs and the control of the transcoder units, this embodiment of the invention can be 
implemented in the same way as was described above. The implementation of this em- 
bodiment of the invention also allows the use of any other inter-MSC signalling, such 
as TUP signalling (Telephone User Part). 

[0042] The invention and the signalling associated therewith have been described 
herein according to potential embodiments of the invention and only to the degree that 
the description of the signalling is relevant to the implementation of the invention. As to 
a more precise description of signalling, particularly as to functions under malfunction, 
reference is made to the GSM recommendation 09.02 Mobile Application Part (MAP), 
Chapter 18, 'Call Handling Procedures' (v. 4.18.0). 

[0043] Even though the invention has been described herein with mobile commu- 
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nication systems as the basis, the principles of the invention can be implemented in 
any corresponding telecommunication system in which centres perform handshaking 
concerning speech codecs used by terminals. The invention is particularly applicable in 
mobile communication systems, since said environment uses a plurality of different 
terminals in which a plurality of different speech encoding methods are used, the inter- 
faces between the terminals and the network being accurately standardized. 
[0044] The figures and the related specification are only intended to illustrate the 
present invention. It is obvious to a person skilled in the art that the details of the inven- 
tion may be implemented in a variety of ways within the scope of the attached claims. 



